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Description 

This invention relates to acoustic signal reproduc- 
ing apparatus including a headphone device. 

In reproducing acoustic signals using a pair of head- 
phone units worn on the listener's head in the vicinity of 
the listener's ears, there is known a binaural system for 
optimising the sense of the direction of a sound image, 
or the sense of the sound source lying at some fixed 
position outside the listener's head. 

With such a binaural acoustic signal reproducing 
system, as disclosed for example in Japanese patent 
kokoku specification 283/53, the acoustic signals repro- 
duced by the headphone device are subjected in ad- 
vance to a predetermined signal processing. The sense 
of the direction of the sound image, or the sense of the 
sound source lying at some fixed position outside the 
listener's head, is governed by the difference in sound 
volume, and in the phase of the sounds heard by the left 
and right ears. 

By the above-mentioned signal processing is meant 
processing such that when the acoustic sound is to be 
reproduced by the speaker units, an acoustic effect 
equivalent to that produced by the difference in distance 
from the sound source, that is, the speaker units, placed 
at some distance from the listener, to the listener's left 
and right ears, or the reflection or diffraction in the vicin- 
ity of the listener's head, is produced in the acoustic out- 
put reproduced by the headphone device. Such signal 
processing may be realised by subjecting the acoustic 
signals for the listener's left and right ears to, for exam- 
ple, convolutional integration of the impulse response 
corresponding to the above-mentioned acoustic effects. 

However, when the acoustic sound is to be repro- 
duced by speaker units placed at a distance from the 
listener, the absolute position of the sound image is not 
changed even if the listener moves his or her body or 
head, so that the relative direction or position of the 
sound image sensed by the listener is changed. Con- 
versely, when the acoustic sound is reproduced in ac- 
cordance with the binaural system, using the head- 
phone device, the headphone device moves with move- 
ment of the listener's head, so that the relative direction 
and position of the sound image as sensed by the lis- 
tener remains unchanged. 

In this manner, when the acoustic sound is repro- 
duced by the binaural system, using the headphone de- 
vice, the sound field may be formed within the listener's 
head, because of the difference in the shift of the sound 
image with respect to change in the orientation of the 
listener's head, with the result that it is difficult to fix the 
sound image at a position ahead of the listener. In ad- 
dition, the sound image lying ahead of the listener tends 
to be moved upwards. 

There has also been proposed an acoustic signal 
reproducing system in which, as described in Japanese 
patent kokai specification 227/42 or Japanese patent 
kokoku specification 19242/54, the changes caused in 
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the orientation of the listener's head are sensed, and the 
signal processing is changed on the basis of the sensed 
results, so as to provide an optimum forward fixed sound 
source orientation relative to the headphone device. 

5 With this type of acoustic signal reproducing system, a 
direction sensor, such as a gyro-compass or magnetic 
needle, is positioned on the listener's head. A level ad- 
justment circuit and a delay circuit for processing the 
acoustic signals, are controlled by the output of the di- 

10 rection sensor to provide an ambience of the sound field 
similar to that provided by sound reproduction by loud- 
speaker units placed at some distance from the listener. 

With the above-described binaural acoustic repro- 
ducing system, in which a gyro-compass or other direc- 

15 tion sensor is provided in the headphone device, signal 
processing dependent upon the changes in the direction 
of the listener's head may be controlled to provide a sat- 
isfactory fixed sound image orientation feeling. 

However, for controlling the signal processing in de- 

20 pendence upon changes in the listener's head position, 
it is necessary to measure in advance the impulse re- 
sponse, that is the transmission characteristics, corre- 
sponding to the acoustic effects applied to acoustic sig- 
nals for the left and right ears, for each of predetermined 

25 angles, to store a substantial amount of transfer char- 
acteristic data in storage means, and to read out the da- 
ta responsive to occasional changes in the listener's 
head position, for performing the necessary real-time 
convolutional integration of the acoustic signals. A 

30 processing apparatus with a large processing capacity 
and a high processing speed is therefore required. 

A similar system to that described above is dis- 
closed in JP-A-1 121 000. JP-A-58 116 900 discloses 
apparatus in accordance with the precharacterising por- 

35 tion of claim 1 . 

According to the present invention there is provided 
an acoustic signal reproducing apparatus for use with 
headphone devices, the apparatus comprising: 

40 a reference signal source for transmitting a refer- 
ence signal usable for detecting the orientation of a 
listener's head; 

a pair of signal detection means arranged at respec- 
tive positions on the listener's head for receiving the 
45 reference signal transmitted by said reference sig- 
nal source; 

calculating means for calculating changes in orien- 
tation of the listener's head relative to an imaginary 
sound source on the basis of output signals from 
so said pair of signal detection means and producing 
an output signal representing said changes in ori- 
entation; and 

processing means comprising a plurality of signal 
processing sections, for providing input left and 
ss right channel acoustic signals with transmission 
characteristics from said imaginary sound source to 
both the listener's ears and for controlling the level 
* and delay characteristics thereof in dependence on 
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changes in orientation calculated by the calculating 
means to produce output acoustic signals for supply 
to said headphone devices for reproduction there- 
by; characterised in that said processing means 
comprises: 

transmission characteristic processing means com- 
prising said plurality of signal processing sections 
for receiving the input left and right channel acoustic 
signals and having preset impulse response coeffi- 
cients indicative of transmission characteristics to 
each ear of the listener for providing the left and 
right channel input acoustic signals with predeter- 
mined transmission characteristics from said imag- 
inary sound source to the listener's ears, said trans- 
mission characteristic processing means compris- 
ing a first signal processing section for subjecting 
the right channel input acoustic signal to a convo- 
lutional integration of an impulse response indica- 
tive of constant transmission characteristics to the 
right ear of the listener of the right channel input 
acoustic signal, a second signal processing section 
for subjecting the right channel input acoustic signal 
to a convolutional integration of an impulse re- 
sponse indicative of constant transmission charac- 
teristics to the left ear of the listener of the right 
channel acoustic signal, a third signal processing 
section for subjecting the left channel input acoustic 
signal to a convolutional integration of an impulse 
response indicative of constant transmission char- 
acteristics to the right ear of the listener of the left 
channel input acoustic signal, a fourth signal 
processing section for subjecting the left channel in- 
put acoustic signal to a convolutional integration of 
an impulse response indicative of constant trans- 
mission characteristics to the left ear of the listener 
of the left channel input acoustic signal, first adder 
means for adding an output of said first signal 
processing section and an output of said third signal 
processing section and producing a right channel 
signal, and second adder means for adding an out- 
put of said second signal processing section and an 
output of said fourth signal processing section and 
producing a left channel signal; and 
acoustic signal processing means for receiving the 
right and left channel signals output respectively 
from said first and second adder means of said 
transmission characteristic processing means and 
for controlling the level and delay characteristics 
thereof in response to said output signal represent- 
ing said changes in orientation from said calculating 
means to produce said output acoustic signals. 

Thus, in embodiments of the present invention, the 
transmission characteristic processing means provide 
left channel and right channel acoustic signals with con- 
stant transmission characteristics from the virtual sound 
source to both ears of the listener, and the acoustic sig- 
nal processing means provide the left channel and right 
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channel acoustic signals processed by the transmission 
characteristic processing means with a level difference 
and a time difference consistent with changes in the di- 
rection of the listener's head as determined by the cal- 

s culating means. 

With such an acoustic signal reproducing appara- 
tus, since constant transmission characteristics be- 
tween the imaginary sound source and the listener's 
ears are afforded by transfer characteristic processing 

10 means to the left channel and right channel acoustic sig- 
nals, the acoustic signals of both channels can be pro- 
vided with the necessary transmission characteristics 
by means of a simplified calculating device, without the 
necessity of variably controlling the coefficients of the 

is transmission characteristic processing means on a real 
time basis. In addition, the acoustic signals of the re- 
spective channels processed by the transmission char- 
acteristic processing means are provided by the acous- 
tic signal processing means with a level difference and 

20 a time difference consistent with the changes in the ori- 
entation of the listener's head as determined by the cal- 
culating device, and the acoustic signals thus processed 
by the acoustic signal processing means are supplied 
to the headphone device. In this manner satisfactory 

25 binaural reproduction may be achieved with a highly nat- 
ural fixed sound image orientation sense, without the 
position of the imaginary sound source being moved 
with the listener's bodily movements. 

The invention will now be described by way of ex- 

30 ample with reference to the accompanying drawings, 
throughout which like parts are referred to by like refer- 
ences, and in which: 

Figure 1 is a schematic and block diagram of an em- 
35 bodiment of acoustic signal reproducing apparatus 
according to the present invention; 
Figure 2 shows time charts for the apparatus of Fig- 
ure 1; 

Figure 3 is a diagrammatic view illustrating a dis- 
40 tance and an angle calculated by the apparatus of 
Figure 1 ; 

Figures 4(A), 4(B) and 4(C) are plan views showing 
the relative positions between an imaginary sound 
source and a listener; and 
45 Figure 5 is a block diagram showing an acoustic sig- 
nal processing circuit for one of the channels in the 
apparatus of Figure 1. 

Referring first to Figure 1, an acoustic signal repro- 
so ducing apparatus according to the present invention in- 
cludes a headphone device 1 0 comprising a head-band 
1 for the listener's head and supporting a pair of head- 
phone units 2L, 2R in the vicinity of the listener's left and 
right auricles. 

55 Two sliders 4L ( 4R carrying upstanding supporting 
arms 3L, 3R are slidably mounted on the head-band 1 , 
and a pair of signal sensors 5L, 5R for sensing position- 
detecting reference signals from a reference signal 
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source 11 are mounted on the distal ends of the sup- 
porting arms 3L t 3R which are mounted upright on slid- 
ers 4L, 4R in turn slidably mounted on the head-band 1 , 
so as to be supported at a distance from the head-band 
1. 5 

The reference signal source 11 comprises an ultra- 
sonic signal source 12 and an ultrasonic loudspeaker 
1 3 transmitting the ultrasonic signals from the source 1 2 
as the reference signals. The signal sensors 5L, 5R for 
sensing the reference signals are each formed by ultra- 10 
sonic microphones. 

The ultrasonic signals, that is the position-detecting 
reference signals transmitted from the ultrasonic loud- 
speaker 1 3, shown at A in Figure 2, are phase detecta- 
ble ultrasonic waves, such as a burst of ultrasonic wave * 5 
having a predetermined level and transmitted intermit- 
tently at a predetermined period, or so-called level-mod- 
ulated waves exhibiting level fluctuation at a predeter- 
mined period. 

The signal sensors 5L, 5R, provided on the head- 20 
phone device 10, are responsive to the position-sensing 
ultrasonic reference signals from the ultrasonic loud- 
speaker 1 3 to supply detection signals, shown at B and 
C in Figure 2, respectively, having relative time lags con- 
sistent with the relative position between the listener and 25 
the ultrasonic loudspeaker 13. 

The signal sensors 5L, 5R are supported by the 
supporting arms 3L, 3R at positions spaced apart from 
the head-band 1 and the headphone units 2L, 2R of the 
main headphone body when it is worn on the listener's 30 
head M. Thus the signal sensors 5L, 5R are not hidden 
by the listener's head M when the listener moves his or 
head or body, so that the ultrasonic waves transmitted 
from the ultrasonic loudspeaker 13 can be sensed sat- 
isfactorily and the position-sensing reference signals 35 
detected stably and accurately. The signal sensors 5L, 
5R may be adjusted to an optimum position for detecting 
the position-sensing reference signal by sliding the slid- 
ers 4L, 4R along the head-band 1 . Since the position of 
the headphone units 2L, 2R depends on the shape and 40 
the size of the listener's head M, and hence differs from 
person to person, the positions of the signal sensors 5L, 
5R need to be adjusted in association with the position 
of the headphone units 2L, 2R, 

The detection signals produced from the signal sen- 45 
sors 5L, 5R, are transmitted to a calculating unit 14, 
which includes first and second edge detection circuits 

15 and 16, supplied with detection signals by the signal 
sensors 5L, 5R of the position-sensing reference sig- 
nals, respectively, and a third edge detection circuit 17, so 
supplied with the ultrasonic signals from the ultrasonic 
signal source 12, that is the position-sensing reference 
signals. 

The first and second edge detection circuits 1 5 and 

1 6 detect the risjng edges of the detection signals from ss 
the signal sensors 5L, 5R, respectively, for supplying 
pulse signals associated with the rising edges, as shown 

at D and E in Figure 2. The pulse signals from the first 



6 

and second edge detection circuits 15 and 16 are sup- 
plied to a distance calculating circuit 18 and a time dif- 
ference detection circuit 1 9. The third edge detection cir- 
cuit 17 detects the rising edges of the ultrasonic signals 
from the ultrasonic signal source 1 2 to supply pulse sig- 
nals, shown at F in Figure 2, associated with the rising 
edges. The pulse signals produced by the third edge de- 
tection circuit 1 7 are supplied to the distance calculating 
circuit 18. 

The distance calculating circuit 18 detects a time 
difference t 1f shown at AT t , in Figure 2, between the 
pulse signal obtained by the third edge detection circuit 
17 and the pulse signal obtained by the first edge de- 
tection circuit 1 5, and a time difference t 2 , shown at AT 2 
in Figure 2, between the pulse signal obtained by the 
third edge detection circuit 17 and the pulse signal ob- 
tained by the second edge detection circuit 16. The cal- 
culating circuit 18 then calculates, on the basis of the 
time difference t t and t 2 and the sound velocity V, the 
distance l 0 , shown by an arrow in Figure 3, between the 
ultrasonic loudspeaker 13 and the centre of the listen- 
er's head M. 

The sound velocity V 0 may be preset as a constant 
in the distance calculating circuit 18, or changed as a 
function of changes in temperature, humidity or atmos- 
pheric pressure. The calculated distance l 0 may be com- 
pensated on the basis of the relative positions of the sig- 
nal sensors 5L, 5R with respect to the centre of the lis- 
tener's head M or its shape and/or size. 

The signals for the distance l 0 and the time differ- 
ence ^ and t 2 are transmitted to an angle calculating 
circuit 20. 

The time difference detection circuit 1 9 detects a 
time difference t 3 , shown by AT 3 in Figure 2, between 
the pulse signal from the first edge detection circuit 15 
and the pulse signal from the second edge detection cir- 
cuit 16. The signal for the time difference t 3 is supplied 
to the angle calculating circuit 20. 

The angle calculating circuit 20 calculates, from the 
time differences t v t 2 and t 3 , the distance l 0 , the sound 
velocity V and the radius r of the listener's head M, an 
angle 6 0 , shown by an arrow in Figure 3, indicating the 
orientation of the listener's head M. The angle 6 0 may 
be found by, for example, the following formula: 

e 0 = sin" 1 {V 2 (t 1 +t 2 )t 3 /4rl} (1) 

and, with the position of the ultrasonic speaker 1 3 as the 
reference position of the imaginary sound source, the 
rotational angle 0 of the listener's head M with respect 
to a desired imaginary sound source and the relative dis- 
tance 1 of the listener's head M from the imaginary 
sound source are calculated to find an angular position 
which takes into account the directivity of the desired 
imaginary sound source. 

The angular position information, produced by the 
angle calculating circuit 20, is supplied to an acoustic 
signal processing circuit 21. 
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Left channel and right channel acoustic signals S L , 
S R , from an acoustic signal supply source 22, are sup- 
plied to the acoustic signal processing circuit 21 by 
means of a transmission characteristic processing cir- 
cuit 23. 

The acoustic signal supply source 22 is a unit for 
supplying predetermined left channel and right channel 
acoustic signals S L , S Rl and may for example be one of 
a variety of disc recording/reproducing apparatus, a 
tape recording/reproducing apparatus, or a radio receiv- 
er. 

The transmission characteristic processing circuit 
23 is a circuit for performing a predetermined signal 
processing operation for providing the left and right 
channel acoustic signals S L , S R from the acoustic signal 
supply source 22 with predetermined transmission char- 
acteristics from the imaginary sound source to both of 
the listener's ears, and includes first to fourth signal 
processing circuits 24a, 24b, 24c and 24d having preset 
coefficients providing the above-mentioned transmis- 
sion characteristics. In each of the signal processing cir- 
cuits 24a to 24d, an impulse response indicative of 
transmission characteristics to each ear of the listener 
in reproducing the left and right channel acoustic signals 
S L and S R is set, with a pair of loudspeaker units for the 
left and right channels, installed opposite to the listener 
and at some distance from each other as an imaginary 
or virtual sound source, on the basis of the above-men- 
tioned transmission characteristic information. 

Thus the first signal processing circuit 24a sets an 
impulse response {h RR (t, 6)} indicative of transmission 
characteristics to the right ear of the sound reproduced 
from the right channel acoustic signal S R . The second 
signal processing circuit 24b sets an impulse response 
{h RL (t, 6)} indicative of transmission characteristics to 
the left ear of the sound reproduced from the right chan- 
nel acoustic signal S R . The third signal processing cir- 
cuit 24c sets an impulse response {h RL (t, 9)} indicative 
of transmission characteristics to the right ear of the 
sound reproduced from the left channel acoustic signal 
S L . Finally, the fourth signal processing circuit 24d sets 
an impulse response {h LL (t, 6)} indicative of transmis- 
sion characteristics to the left ear of the sound repro- 
duced from the left channel acoustic signal S L . 

These impulse responses may be previously set in 
association with transmission characteristics, taking the 
directivity or the like features of the imaginary sound 
source into account, and stored in a memory, such as 
ROM, so as to be subsequently read out on the basis of 
the read-out address determined from the distance 1 
and the angle 6. 

In the transmission characteristic processing circuit 
23, the right channel acoustic signal S R is transmitted 
to the first and second signal processing circuits 24a and 
24b. In the first signal processing circuit 24a, the right 
channel acoustic signal S R is subjected to signal 
processing by convolutional integration of the impulse 
response {h RR (t, 0)}. In the second signal processing cir- 



cuit 24b, the right channel acoustic signal S R is subject- 
ed to signal processing by convolutional integration of 
the impulse response {h RL (t, 6)}. 

The left channel acoustic signal S L is transmitted to 

s the third and fourth signal processing circuits 24c, 24d. 
In the third signal processing circuit 24c, the left channel 
acoustic signal S L is subjected to signal processing by 
convolutional integration of the impulse response {h LR 
(t, 0)}. In the fourth signal processing circuit 24d, the left 

10 channel acoustic signal S L is subjected to signal 
processing by convolutional integration of the impulse 
response {hy_(t, 0)}. 

The output signal from the first signal processing 
circuit 24a is directly supplied to a right-hand adder 25R, 

is while the output signal from the third signal processing 
circuit 24c is supplied by way of a variable delay circuit 
27 to the right-hand adder 25R so as to be added the reat 
to the output signal from the first signal processing cir- 
cuit 24a. The output signal from the right-hand adder 

20 25R is supplied to a right-hand signal processing circuit 
21 R of the signal processing circuit 21 . The output signal 
from the second signal processing circuit 24b is supplied 
by way of a variable delay circuit 26 to a left-hand adder 
25L, while the output signal from the fourth signal 

25 processing circuit 24d is directly supplied to the left- 
hand adder 25L so as to be added thereat to the output 
signal from the second signal processing circuit 24b. 
The output signal from the left-hand adder 25L is sup- 
plied to a left-hand signal processing circuit 21 L of the 

30 signal processing circuit 21 . 

The variable time delay circuits 26 and 27 of the 
processing circuit 23 provide for variable time difference 
of the output cross-talk component signals of the second 
and third signal processing circuits 24b and 24c, and 

35 are used for compensating the changes in the time dif- 
ference of the cross-talk components caused by the dif- 
ference in head size from person to person. 

The left-hand signal processing circuit 21 L and the 
right-hand signal processing circuit 21 R of the acoustic 

40 signal processing circuit 21 operate responsive to the 
angular position information derived from the angle cal- 
culating circuit 20 to effect variable control of the level 
and delay characteristics so that the left and right chan- 
nel acoustic signals S L , S R supplied from the acoustic 

45 signal supply source 22 by means of the transmission 
characteristic processing circuit 23 will be provided with 
the level difference and the time difference consistent 
with changes in the orientation of the listener's head M. 
The output signal from the right-hand signal 

so processing circuit 21 R is supplied by means of a right- 
hand amplifier 28R as a right ear acoustic signal E R to 
the right-hand headphone unit 2R for reproduction. Sim- 
ilarly, the output signal from the left-hand signal process- 
ing circuit 21 L is supplied by means of a left-hand am- 

55 plifier 28L as a left ear acoustic signal E L to the left-hand 
headphone 2L for reproduction. 

With this acoustic signal reproducing apparatus, the 
rotational angle 9 of the listener's head M relative to a 
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desired position of an imaginary sound source and a rel- 
ative distance 1 from the imaginary sound source are 
calculated by the calculation unit 14 on the basis of the 
information concerning the above-mentioned angle 9 0 
and the distance l 0 indicative of the relative position be- s 
tween the listener's head M and a reference position of 
the imaginary sound source which is assumed to be the 
position of the ultrasonic loudspeaker 1 3, in such a man- 
ner that the left and right channel acoustic signals S L , 
S R supplied from the transmission characteristic to 
processing circuit 23 to the headphone units 2L, 2R will 
be provided with the level difference and the time differ- 
ence consistent with chan ges in orientation of the listen- 
er's head M relative to the virtual sound source. In this 
manner, with the above described acoustic signal repro- ts 
ducing apparatus, signal processing for compensating 
for changes in transmission characteristics caused by 
movements of the listener's body and head M on a real- 
time basis is performed by variably controlled the level 
difference and the time difference in the acoustic signal 20 
processing circuit 21 , whereby as may be seen from the 
relative position between the imaginary sound source 
and the listener as shown at A, B and C in Figure 4, an 
optimum sense of the sound source position lying ahead 
of the listener and outside the listener's head M without 25 
shifting of the imaginary sound source may be obtained 
in the same way as when the acoustic signals are re- 
produced by a pair of loudspeaker units SL, SR posi- 
tioned ahead of the listener P and at some distance from 
each other. 30 

It will be noted that, in Figure 4 the listener P ap- 
proaches the loudspeaker units S L , S R) that is, the im- 
aginary sound source, as shown at B, from his or her 
position shown at A, and further turns his head M to- 
wards the right-hand loudspeaker unit S R , as shown at 35 
C, With this acoustic signal reproducing apparatus, an 
optimum sense of the sound source position forwardly 
and outside the listener's head M, with the imaginary 
sound source not being moved, may be obtained as a 
result of signal processing compensating for changes in *o 
the transmission characteristics, caused by movement 
of the listener's head M and body, on a real time basis, 
thereby providing for binaural reproduction capable of 
dealing with any of thestates shown at A to C in Figure 4. 

With this embodiment, the overall level and delay 
control is performed on the left and right channel acous- 
tic signal S L and S R supplied from the transmission char- 
acteristic processing circuit 23 to the headphone units 
2L, 2R by way of left-hand and right-hand signal 
processing circuits 21 L, 21 R. Alternatively, the acoustic 50 
signals may be divided by a high-pass filter 41 and a 
low-pass filter 42, as shown in Figure 5 for one of the 
left-hand and the right-hand channels, before proceed- 
ing to the level and delay control in the manner de- 
scribed above. In this case, the high frequency compo- 
nent signal, obtained by means of the high-pass filter 
41, is supplied to a signal adder 45 after having been 
controlled in signal level by a variable level circuit 43 in 



accordance with changes in orientation of the listener's 
head M relative to the imaginary sound source, whereas 
the low frequency component signal, obtained by 
means of the low-pass filter 42, is supplied to the signal 
adder 45 after having been controlled in delay by a var- 
iable delay circuit 44 in accordance with the changes in 
orientation of the listener's head M relative to the imag- 
inary sound source. 



Claims 

1. An acoustic signal reproducing apparatus for use 
with headphone devices (2), the apparatus com- 
prising; 

a reference signal source (11) for transmitting 
a reference signal usable for detecting the ori- 
entation of a listener's head (M); 
a pair of signal detection means (5) arranged 
at respective positions on the listener's head 
(M) for receiving the reference signal transmit- 
ted by said reference signal source (11); 
calculating means (14) for calculating changes 
in orientation of the listener's head (M) relative 
to an imaginary sound source on the basis of 
output signals from said pair of signal detection 
means (5) and producing an output signal rep- 
resenting said changes in orientation; and 
processing means (23, 21), comprising a plu- 
rality of signal processing sections (24a to 24d), 
for providing input left and right channel acous- 
tic signals (S L , S R ) with transmission character- 
istics from said imaginary sound source to both 
the listener's ears and for controlling the level 
and delay characteristics thereof in depend- 
ence on changes in orientation calculated by 
the calculating means (14) to produce output 
acoustic signals (E L , E R ) for supply to said 
headphone devices for reproduction thereby; 

characterised in that said processing means 
(23, 21) comprises: 

transmission characteristic processing means 
(23) comprising said plurality of signal process- 
ing sections (24a to 24d) for receiving the input 
left and right channel acoustic signals (S L , S R ) 
and having preset impulse response coeffi- 
cients indicative of transmission characteristics 
to each ear of the listener for providing the left 
and right channel input acoustic signals with 
predetermined transmission characteristics 
from said imaginary sound source to the listen- 
er's ears, said transmission characteristic 
processing means (23) comprising a first signal 
processing section (24a) for subjecting the right 
channel input acoustic signal (S R ) to a convo- 
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lutional integration of an impulse response in- 
dicative of constant transmission characteris- 
tics to the right ear of the listener of the right 
channel input acoustic signal, a second signal 
processing section (24b) for subjecting the right s 
channel input acoustic signal (S R ) to a convo- 
lutionat integration of an impulse response in- 
dicative of constant transmission characteris- 
tics to the left ear of the listener of the right 
channel acoustic signal, a third signal process- 10 
ing section (24c) for subjecting the left channel 
input acoustic signal (S L ) to a convolutional in- 
tegration of an impulse response indicative of 
constant transmission characteristics to the 
right ear of the listener of the left channel input is 
acoustic signal, a fourth signal processing sec- 
tion (24d) for subjecting the left channel input 
acoustic signal (S L ) to a convolutional integra- 
tion of an impulse response indicative of con- 
stant transmission characteristics to the left ear 20 
of the listener of the left channel input acoustic 
signal, first adder means (25R) for adding an 
output of said first signal processing section 
(24a) and an output of said third signal process- 
ing section (24c) and producing a right channel 25 
signal, and second adder means (25L) for add- 
ing an output of said second signal processing 
section (24b) and an output of said fourth signal 
processing section (24d) and producing a left 
channel signal; and so 
acoustic signal processing means (21) for re- 
ceiving the right and left channel signals output 
respectively from said first (25R) and second 
(25L) adder means of said transmission char- 
acteristic processing means (23) and for con- 35 
trolling the level and delay characteristics 
thereof in response to said output signal repre- 
senting said changes in orientation from said 
calculating means (14) to produce said output 
acoustic signals (E L , E R ). ™ 



tection means (5), the calculating means (14) being 
arranged to calculate the angular position of the lis- 
tener's head (M) relative to the imaginary sound 
source using an output of said distance calculating 
means (18) and an output of said time difference 
detection means (19). 

4. Apparatus according to claim 1 further comprising 
a first variable delay circuit (26) for delaying the out- 
put of said second signal processing section (24b) 
and a second variable delay circuit (22) for delaying 
the output of said third signal processing section 
(24c). 

5. Apparatus according to claim 1 wherein said acous- 
tic signal processing means (21) comprises, for 
each of the right channel and left channel signals 
output by said transmission characteristic process- 
ing means (23), a high-pass filter (41 ) for receiving 
the output of said transmission characteristic 
processing means (23), a low-pass filter (42) for re- 
ceiving the output of said transmission characteris- 
tic processing means (23), level control means (43) 
for receiving the output of said high-pass filter (41 ), 
delay control means (44) for receiving the output of 
said low-pass filter (42), and adder means (45) for 
adding the output of said level control means (43) 
to the output of said delay control means (44). 



Patentanspruche 

1. Vorrichtung zur Wiedergabe eines akustischen Si- 
gnals fur die Verwendung mit Kopfhorereinrichtun- 
gen (2), wobei die Vorrichtung umfaBt: 

eine Referenzsignalquelle (11) zum Aussen- 
den eines Referenzsignals, welches zur Detek- 
tion der Ausrichtung des Kopfes (M) eines H6- 
rers verwendbar ist; 



2. Apparatus according to claim 1 wherein said refer- 
ence signal source (11) comprises an ultrasonic sig- 
nal source (12) and an ultrasonic loudspeaker (13) 

for transmitting the ultrasonic signal from said ultra- 45 
sonic signal source (12) as the reference signal, 
and wherein the pair of signal detection means (5) 
are ultrasonic microphones (5). 

3. Apparatus according to claim 1 wherein said calcu- so 
lating means (14) comprises distance calculating 
means (18) for calculating the distance between the 
listener (P) and the reference signal source (11) 
from the phase difference between said reference 
signal and the output signals from said pair of signal 
detection means (5), and time difference detection 
means (19) for detecting the time difference be- 
tween the output signals from said pair of signal de- 



ein Paar von Signaldetektionseinrichtungen 
(5), welche an jeweiligen Positionen am Kopf 
(M) des Horers zum Empfang des durch die Re- 
ferenzsignalquelle (11) ausgesendeten Refe- 
renzsignals eingerichtet sind; 

Berechnungsmittel (14) zur Berechnung von 
Veranderungen in der Ausrichtung des Kopfes 
(M) des Horers relativ zu einer imaginaren Ton- 
quelle auf der Grundlage von Ausgangssigna- 
len von dem Paar von Signaldetektionseinrich- 
tungen (5) und zur Erzeugung eines Ausgangs- 
signats, welches die Veranderungen in der 
Ausrichtung reprasentiert; und 

Verarbeitungsmittel (23, 21) mit einer Vielzahl 
von Signalverarbeitungsabschnitten (24a bis 
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24d) zur Bereitstellung linker und rechter aku- 
stischer Kanaleingangssignale (S L , S R ) mit 
Ubertragungscharakteristiken von der imagi- 
naren Tonquelle fur die beiden Ohren des H6- 
rers und zur Steuerung von deren Pegel-und s 
Verzogerungscharakteristiken in Abhangigkeit 
von Veranderungen in der Ausrichtung, weiche 
durch die Berechnungsmittel (14) berechnet 
worden sind, urn akustische Ausgangssignale 
(E L , E R ) zurZufuhrung an die Kopfhorereinrich- 10 
tungen zu erzeugen, um von diesen wiederge- 
geben zu werden; 

dadurch gekennzeichnet, daB die Verarbeitungs- 
mittel (23, 21 ) umfassen: is 

eine die Ubertragungscharakteristik verarbei- 
tende Einrichtung (23), weiche die Vielzahl von 
Signalverarbeitungsabschnitten (24a bis 24d) 
zum Empfang der linken und rechten akusti- 20 
schen Kanaleingangssignale (S L , S R ) umfaGt 
und voreingestellte Impulsantwortkoeffizienten 
aufweist, weiche kennzeichnend fur die Uber- 
tragungscharakteristik zu jedem Ohr des H6- 
rers sind, um die linken und rechten akusti- 25 
schen Kanaleingangssignale mit vorgegebe- 
nen Ubertragungscharakteristiken von der ima- 
ginaren Tonquelle fur die Ohren des Horers be- 
reitzustellen, wobei die die Ubertragungscha- 
rakteristik verarbeitende Einrichtung (23) um- 30 
faBt: 

einen ersten Signalverarbeitungsabschnitt 
(24a), um das rechte akustischeKanalein- 
gangssignal (S R ) einer Faltungsintegration von 
einer Impulsreaktion zu unterziehen, weiche 35 
kennzeichnend fur konstante Ubertragungs- 
charakteristiken zu dem rechten Ohr des Ho- 
rers des rechten akustischen Kanaleingangssi- 
gnal ist, einen zweiten Signalverarbeitungsab- 
schnitt (24b), um das rechte akustische Kanal- 40 
eingangssignal (S R ) einer Faltungsintegration 
von einer Impulsreaktion zu unterziehen, wei- 
che kennzeichnend fur konstante Ubertra- 
gungscharakteristiken zu dem linken Ohr des 
Horers des rechten akustischen Kanalein- 
gangssignals ist, 

einen dritten Signalverarbeitungsabschnitt 
(24c), um das linke akustische Kanaleingangs- 
signal (S L ) einer Faltungsintegration von einer 
Impulsreaktion zu unterziehen, weiche kenn- 50 
zeichnend fur konstante Ubertragungscharak- 
teristiken zu dem rechten Ohr des Horers des 
linken akustischen Kanaleingangssignals ist, 
einen vierten Signalverarbeitungsabschnitt 
(24d), um das linke akustische Kanaleingangs- ss 
signal (S L ) einer Faltungsintegration von einer 
Impulsreaktion zu unterziehen, weiche kenn- 
zeichnend fur konstante Ubertragungscharak- 



teristiken zu dem linken Ohr des Horers des lin- 
ken akustischen Kanalsignals ist, 
erste Additionsmittel (25R) zur Addition eines 
Ausgangssignals des ersten Signalverarbei- 
tungsabschnitts (24a) und eines Ausgangssi- 
gnals des dritten Signalverarbeitungsab- 
schnitts (24c) und zur Erzeugung eines rechten 
Kanalsignals, und zweite Additionsmittel (25L) 
zur Addition eines Ausgangssignals des zwei- 
ten Signalverarbeitungsabschnitts (24b) und 
eines Ausgangssignals des vierten Signalver- 
arbeitungsabschnitts (24d) und zur Erzeugung 
eines rechten Kanalsignals; und 
ein akustisches Signal verarbeitende Mittel 
(21) zum Empfang der rechten und linken Ka- 
nalsignale, weiche jeweils von den ersten 
(25R) und zweiten (25L) Additionsmitteln der 
die Ubertragungscharakteristik verarbeitende 
Einrichtung (23) ausgegeben werden, und zur 
Steuerung deren Pegel-und Verzogerungscha- 
rakteristiken als Reaktion auf das Ausgangssi- 
gnal von den Berechnungsmitteln (14), wel- 
ches die Veranderungen in der Ausrichtung re- 
prasentiert, um die akustischen Ausgangssi- 
gnale (E L , E R ) zu erzeugen. 

2. Vorrichtung nach Anspruch 1 , bei welcher die Re- 
ferenzsignalquelle (11) eine Ultraschallsignalquelle 
(12) und einen Ultraschallautsprecher (13) zur Aus- 
endung des Ultraschallsignals von der Ultraschall- 
quelle (12) als ein Referenzsignal umfa3t, und bei 
welcher das Paar von Signaldetektionseinrichtun- 
gen (5) aus Ultraschallmikrofonen (5) besteht. 

3. Vorrichtung nach Anspruch 1 , bei welcher die Be- 
rechnungsmittel (14) Abstandsberechnungsmittel 
(18) zum Berechnen des Abstands zwischen dem 
Horer (P) und der Referenzsignalquelle (11 ) aus der 
Phasendifferenz zwischen dem Referenzsignal und 
den Ausgangssignalen von dem Paar von Signal- 
detektionseinrichtungen (5), und Zeitdifferenzde- 
tektionsmittel (19) zur Detektion der Zeitdifferenz 
zwischen den Ausgangssignalen von dem Paar von 
Signaldetektionseinrichtungen (5) umfassen, wo- 
bei die Berechnungsmittel (14) eingerichtet sind, 
um die Winkelposition des Kopfes (M) des Horers 
relativ zu der Imaginartonquelle unter Verwendung 
eines Ausgangssignals der Abstandsberechnungs- 
mittel (18) und eines Ausgangssignals der Zeitdif- 
ferenzdetektionsmittel (19) zu berechnen. 

4. Vorrichtung nach Anspruch 1, weiche weiterhin ei- 
ne erste veranderbare Verzogerungsschaltung (26) 
zur Verzogerung des Ausgangssignals des zweiten 
Signalverarbeitungsabschnitts (24b) und eine zwei- 
te veranderbare Verzogerungsschaltung (27) zur 
Verzogerung des Ausgangssignals des dritten Si- 
gnalverarbeitungsabschnitts (24c) umfaBt. 
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5. Vorrichtung nach Anspruch 1, bei welcher die ein 
akustisches Signal verarbeitenden Mittel (2 1 ) f Or je- 
des der rechten Kanal- und linken Kanalsignale, 
welche durch die die Ubertragungscharakteristik 
verarbeitende Einrichtung (23) ausgegeben wer- s 
den, ein HochpaGfilter (41) zum Empfang des Aus- 
gangssignals der die Obertragungscharakteristik 
verarbeitende Einrichtung (23), ein TiefpaBfilter 
(42) zum Empfang des Ausgangssignals der die 
Ubertragungscharakteristik verarbeitende Einrich- 10 
tung (23), Pegelsteuermittel (43) zum Empfang des 
Ausgangssignals des HochpaGfi Iters (41), Verzo- 
gerungssteuermittel (44) zum Empfang des Aus- 
gangssignals des TiefpaBfilters (42), und Additions- 
mittel (45) zum Addieren des Ausgangssignals der is 
Pegelsteuermittel (43) zu dem Ausgangssignal der 
Verzogerungssteuermittel (44) umfassen. 



Revendications 20 

1. Appareil de reproduction de signal acoustique pour 
une utilisation avec des ecouteurs (2), appareil 
comportant : 

25 

une source de signal de reference (11) pour 
emettre un signal de reference utilisable pour 
detecter ['orientation de ia tete d'un auditeur 
(M); 

une paire de moyens de detection de signal (5) 30 
disposes en des positions respectives sur la te- 
te de I'auditeur (M) pour recevoir le signal de 
reference 6m is par ladite source de signal de 
reference (11); 

des moyens decalcul (14) pour calculer des va- 35 
nations d'orientation de la tete de I'auditeur (M) 
par rapport k une source sonore imaginaire en 
fonction de signaux de sortie provenant de la- 
dite paire de moyens de detection de signal (5) 
et pour deiivrer un signal de sortie reptesentant 40 
lesdites variations d'orientation; et 
des moyens detraitement (23, 21 ), comportant 
une plurality de sections de traitement de signal 
(24a k 24d), pour deiivrer des signaux acousti- 
ques de canal de gauche et de droite d'entr6e *s 
(S L , S R ) avec des caracteristiques de transmis- 
sion depuis ladite source sonore imaginaire 
aux deux oreilles de I'auditeur et pour comman- 
der les caracteristiques de niveau et de retard 
de ceux-ci en fonction de variations d'orienta- so 
tion calcul6es par les moyens de calcul (14) 
pour produire des signaux acoustiques de sor- 
tie (E L , E R ) pour les appliquer auxdits ecou- 
teurs en vue d'une reproduction par ceux-ci; 

55 

caracteris6 en ce que lesdits moyens de trai- 
tement (32, 21) comportent : 



des moyens de traitement de caracteristique de 
transmission (23) comportant ladite plurality de 
sections de traitement de signal (24a k 24d) 
pour recevoir les signaux acoustiques de canal 
de gauche et de droite d'entree (S L , S R ) et pr6- 
sentant des coefficients de r6ponse en impul- 
sion predetermines reptesentatifs de caracte- 
ristiques de transmission k chaque oreille de 
I'auditeur pour deiivrer les signaux acoustiques 
d'entree de canal de gauche et de droite avec 
des caracteristiques de transmission predeter- 
minees depuis ladite source sonore imaginaire 
aux oreilles de I'auditeur, lesdits moyens de 
traitement de caracteristique de transmission 
(23) comportant une premiere section de trai- 
tement de signal (24a) pour soumettre le signal 
acoustique d'entree du canal de droite (S R ) k 
une integration de composition d'une reponse 
en impulsion representative de caracteristi- 
ques de transmission constantes a I'oreille droi- 
te de I'auditeur du signal acoustique d'entree 
de canal de droite, une seconde section de trai- 
tement de signal (24b) pour soumettre le signal 
acoustique d'entree de canal de droite (S R ) k 
une integration de composition d'une reponse 
en impulsion representative de caracteristi- 
ques de transmission constantes a I'oreille gau- 
che de I'auditeur du signal acoustique de canal 
de droite, une troisieme section de traitement 
de signal (24c) pour soumettre le signal acous- 
tique d'entree de canal de gauche (S L ) k une 
integration de composition d'une reponse en 
impulsion representative de caracteristiques 
de transmission constantes k I'oreille droite de 
I'auditeur du signal acoustique d'entree du ca- 
nal de gauche, une quatrieme section de trai- 
tement de signal (24d) pour soumettre le signal 
acoustique d'entree de canal de gauche (S L ) k 
une integration de composition d'une r6ponse 
en impulsion representative de caracteristi- 
ques de transmission constantes k I'oreille gau- 
che de I'auditeur du signal acoustique d'entree 
du canal de gauche, des premiers moyens 
d'addition (25R) pour additionner un signal de 
sortie de ladite premiere section de traitement 
de signal (24a) et un signal de sortie de ladite 
troisieme section de traitement de signal (24c) 
et produire un signal de canal de droite, et un 
second additionneur (25L) pour additionner un 
signal de sortie de ladite seconde section de 
traitement de signal (24b) et un signal de sortie 
de ladite quatrieme section de traitement de si- 
gnal (24d) et produire un signal de canal de 
gauche; et 

des moyens de traitement de signal acoustique 
(21 ) pour recevoir les signaux de canal de droi- 
te et de gauche deiivr6s respectivement par 
lesdits premiers (25R) et seconds (25L) 
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moyens d'addition desdits moyens de traite- 
ment de caracferistique de transmission (23) et 
pour commander les caracferistiques de ni- 
veau et de retard de ceux-ci en r^ponse audit 
signal de sortie repr6sentant lesdites variations 5 
d'orientation provenant desdits moyens de cal- 
cul (14) pour produire lesdits signaux acousti- 
ques de signaux (E L , E R ). 

Appareil selon ta revendication 1 , dans lequel ladite 10 
source de signal de reference (11) comporte une 
source de signal ultrasonique (12) et un haut- 
parleur ultrasonique (13) pour 6mettre le signal ul- 
trasonique provenant de ladite source de signal ul- 
trasonique (12) en tant que signal de reference, et is 
dans lequel la paire de moyens de detection de si- 
gnal (5) sont des microphones ultrasoniques (5). 

Appareil selon la revendication 1, dans lequel les- 
dits moyens de calcul (14) comportent des moyens 20 
de calcul de distance (18) pour calculer la distance 
entre I'auditeur (P) et la source de signal de refe- 
rence. (11) & partir de la difference de phase entre 
ledit signal de reference et les signaux de sortie de 
ladite paire de moyens de detection de signal (5), 25 
et des moyens de detection de difference de temps 
(1 9) pour d§tecter la difference de temps entre les 
signaux de sortie provenant de ladite paire de 
moyens de detection de signal (5), les moyens de 
calcul (14) 6tant agenc6s pour calculer la position 30 
angulaire de la tete de I'auditeur (M) par rapport a 
la source sonore imaginaire en utilisant un signal 
de sortie desdits moyens de calcul de distance (1 8) 
et un signal de sortie desdits moyens de detection 
de difference de temps (1 9). 35 

Appareil selon la revendication 1, comportant en 
outre un premier circuit de retard variable (26) pour 
retarder le signal de sortie de ladite seconde section 
de traitement de signal (24b) et un second circuit 40 
de retard variable (22) pour retarder le signal de sor- 
tie de ladite troisieme section de traitement de si- 
gnal (24c). 

Appareil selon la revendication 1, dans lequel les- 45 
dits moyens de traitement de signal acoustique (21 ) 
comportent, pour chacun des signaux de canal droi- 
te et de canal gauche d6livr6s par lesdits moyens 
de traitement de caracferistique de transmission 
(23), un filtre passe-haut (41 ) pour recevoir le signal so 
de sortie desdits moyens de traitement de caracfe- 
ristique de transmission (23), un filtre passe-bas 

(42) pour recevoir le signal de sortie desdits 
moyens de traitement de caracferistique de trans- 
mission (23), des moyens de commande de niveau 55 

(43) pour recevoir le signal de sortie dudit filtre pas- 
se-haut (41), des moyens de commande de retard 

(44) pour recevoir le signal de sortie dudit filtre pas- 



se-bas (42), et des moyens d'addition (45) pour ad- 
ditionner le signal de sortie desdits moyens de com- 
mande de niveau (43) et le signal de sortie desdits 
moyens de commande de retard (44). 
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